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Abstract 
In this paper, the development of a three dimensional Ambisonic reverb based on the open source Freeverb 
algorithm will be presented and discussed. This model is then extended to include processing in over-specified 
A-format, rather than B-format, variable scattering between channels along with controls for warping the 
distribution of the reflections to implement a reverb that is able to react to the source position in a spatially 
coherent way with an acoustical analysis of its performance. 
Introduction 
Ambisonics, as a spatial audio format, has been around since the 1970s, being pioneered by Michael Gerzon 
[1] as an improvement to the, then, state of the art system, Quadraphonics [2].  Work was carried out in the 
years that followed on music production techniques and equipment using Ambisonics, including the 
SoundField microphone which was able to the record four channels required for 1st order Ambisonic 
reproduction (for example see [3]).  However, the tools needed to process and effect Ambisonic signals was 
rarely available or utilised.   The advent of Steinberg’s Virtual Studio Technology (VST) in 1996 [4] allowed for 
digital, software only, effects and processors to be created to be run on compatible host systems (initially 
Cubase VST, but others soon followed) making the creation of tools allowing for Ambisonic music production a 
more viable possibility.  Many Digital Audio Workstations (DAWs) lacked the flexibility in channel routing 
needed to easily implement the Ambisonic mixing paradigm, but in 2005 work started on the software Reaper 
[5] which allowed for much more flexibility and control between channels within audio tracks, up to a limit of 
64 channels per track.   
Development of the WigWare suite of Ambisonic plugins began in 2006 with, initially, Ambisonic decoders for 
regular and the ITU 775 loudspeaker array [6], but this was soon expanded to include Ambisonic panners and, 
by 2008, a four channel Ambisonic Reverb (as no Ambisonic reverbs were available at this point) and higher 
order panners and decoders along with tutorial videos on their use in Reaper on YouTube [8] allowing the 
wider community to benefit from this work [7].   
In 2014 an updated version of the Ambisonic Reverb (AmbiFreeverb 2) was released adding to the functionality 
of the earlier AmbiFreeverb from 2008. 
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Freeverb 
The developed Ambisonic reverb was based on an extension of the excellent Freeverb, famously developed by 
‘Jezar at Dreampoint’ in C++ as a VST plug-in.  This plug-in uses four Schroeder all-pass filters and eight parallel 
Schroeder-Moorer filtered feedback comb filters for each channel (as shown in Figure 1) with the delay times 
being altered for each. Two of these channels were used, with altered time delays, creating the decorrelated 
audio. 
Freeverb Components 
Comb Filter 
One of the two main echo generation blocks in Freeverb is based on a simple recursive comb filter taking the 
output after the delay line (so no impulse at 0 samples) as shown in (1). 
𝑪𝑭(𝒛) =
𝒛−𝒓
𝟏−𝒇𝒛−𝒓
  (1) 
This will have an impulse and frequency response as shown in Figure 2 and Figure 3 where r represents the 
time between echoes and f the gain applied to the feedback. 
 
FIGURE 2 - IMPULSE RESPONSE OF A COMB FILTER WITH 32 SAMPLE DELAY AND A FEEDBACK GAIN OF 0.5 
LPCF1 
LPCF2 
LPCF3 
LPCF4 
LPCF5 
LPCF6 
LPCF7 
LPCF8 
AP1 AP2 AP3 AP4 
out 
in 
FIGURE 1 - BLOCK DIAGRAM OF ONE FREEVERB CHANNEL 
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FIGURE 3 - FREQUENCY AND PHASE RESPONSE OF A COMB FILTER WITH 32 SAMPLE DELAY AND A FEEDBACK GAIN OF 0.5 
Acoustic Absorption Filter 
This comb filter is then augmented with a simple one-pole acoustic absorption filter to help simulate the high 
frequency attenuation found in real reverberation and has a transfer function as shown in (2).  The parameter 
d controls the amount of high frequency roll-off as shown in Figure 4. 
𝑳𝑷(𝒛) =
𝟏−𝒅
𝟏−𝒅𝒛−𝟏
  (2) 
 
FIGURE 4 – FREQUENCY RESPONSE OF THE ONE-POLE FILTER WITH VARYING VALUES OF (1-D). 
Low Pass Feedback Comb Filter 
These two transfer functions are then combined so the delayed samples in the comb filter have the one-pole 
low pass applied giving a transfer function as shown in (3) and an impulse and frequency response as shown in 
Figure 5 and Figure 6 using a delay of 32 samples, an f coefficient of 0.75 and a d coefficient of 0.25.  Notice 
the time smearing created by the LP filter.   
𝑳𝑷𝑪𝑭(𝒛) =
𝒛−𝒓
𝟏−𝒇
𝟏−𝒅
𝟏−𝒅𝒛−𝟏
𝒛−𝒓
  (3) 
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FIGURE 5 - IMPULSE RESPONSE OF A LOW PASS FEEDBACK COMB FILTER WITH 32 SAMPLE DELAY, FEEDBACK GAIN OF 0.75 
AND DAMPING COEFFICIENT OF 0.25 
 
FIGURE 6 - FREQUENCY RESPONSE OF A LOW PASS FEEDBACK COMB FILTER 
All-pass Approximation Filter 
As discussed in [9] the all-pass filter implemented in Freeverb doesn’t actually exhibit an all-pass response.  
The transfer function for the all-pass implemented in Freeverb is shown in (4). 
𝑨𝑷(𝒛) =
−𝟏+(𝟏+𝒈)𝒛−𝑵
𝟏−𝒈𝒛−𝑵
   (4) 
An impulse and frequency/phase response of this filter using a delay (N) of 32 samples and gain (g) of 0.5 is 
shown in Figure 7 and Figure 8. 
 
FIGURE 7 - IMPULSE RESPONSE OF THE ALL-PASS APPROXIMATION USED IN FREEVERB 
 Wiggins and Dring AmbiFreeverb 2 – Ambisonic Reverb Pre-print 
 
Page 5 of 13 
 
 
FIGURE 8 - FREQUENCY AND PHASE RESPONSE OF THE ALL-PASS FILTER APPROXIMATION USED IN FREEVERB 
In the original Freeverb algorithm, the delay lines lengths of one channel were chosen empirically by the 
original developers, and then the delays for the 2nd channel used the same delay times, but positively offset by 
0.5668ms. 
Comb Filter Delay Times (ms)  
25.31, 26.94, 28.96, 30.75, 32.24, 33.81, 35.31, 36.67 
All-pass Filter Delay Times (ms)  
12.61, 10.00, 7.73, 5.10 
FIGURE 10 - DELAY TIMES USED IN FREEVERB 
The gain of the all-pass filters are fixed at 0.5, and the gain of the feedback comb filters is variable between 0.7 
and 0.98 with the damping filter coefficient, d, being variable between 0 and 0.4.  The plug-in also has a wet 
and dry gain variable and a spread control which allows for a mix between a mono and stereo gain (i.e. 
between fully correlated at both outputs and using the two decorrelated channels at full spread) with the 
input to the two decorrelated channels being a mix of the incoming Left and Right channels.  Assuming outL 
and outR are the outputs from the two decorrelated reverb channels, the actual left and right outputs are 
calculated as shown in (5) [9] where wet1 = spread and wet2 = 1-spread, dry is the dry gain and wet is the wet 
gain.  
[
𝑜𝑢𝑡𝑝𝑢𝑡𝐿
𝑜𝑢𝑡𝑝𝑢𝑡𝑅
] = 𝑑𝑟𝑦 [
𝑖𝑛𝑝𝑢𝑡𝐿
𝑖𝑛𝑝𝑢𝑡𝑅
] + 𝑤𝑒𝑡 [
𝑤𝑒𝑡1 𝑤𝑒𝑡2
𝑤𝑒𝑡2 𝑤𝑒𝑡1
] [
𝑜𝑢𝑡𝐿
𝑜𝑢𝑡𝑅
]  
(5) 
AmbiFreeverb  
The original AmbiFreeverb extended this algorithm so instead of two decorrelated channels, there were four 
(one for each of the 1st order B-Format channels) which had the delay times offset by -0.4668ms for channel 3 
(Y) and -0.96356 for channel 4 (Z).  These were, again, empirically derived.  The input was taken from the sum 
FIGURE 9 - FREEVERB CHANNEL PROCESSING IN AMBIFREEVERB 
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of the sound field’s contents (the W channel), but the spread control now functioned slightly differently as 
shown in (6) where wet1 = 2 – spread and wet2 = spread, essentially trading the directional components of the 
reverb off against the mono, W channel. 
[
𝒐𝒖𝒕𝒑𝒖𝒕𝑾
𝒐𝒖𝒕𝒑𝒖𝒕𝑿
𝒐𝒖𝒕𝒑𝒖𝒕𝒀
𝒐𝒖𝒕𝒑𝒖𝒕𝒁
] = 𝒅𝒓𝒚 [
𝒊𝒏𝒑𝒖𝒕𝑾
𝒊𝒏𝒑𝒖𝒕𝑿
𝒊𝒏𝒑𝒖𝒕𝒀
𝒊𝒏𝒑𝒖𝒕𝒁
] + 𝒘𝒆𝒕 [
𝒘𝒆𝒕𝟏 × 𝒐𝒖𝒕𝑾
𝒘𝒆𝒕𝟐 × 𝒐𝒖𝒕𝑿
𝒘𝒆𝒕𝟐 × 𝒐𝒖𝒕𝒀
𝒘𝒆𝒕𝟐 × 𝒐𝒖𝒕𝒁
]  (6) 
The fully wet version of AmbiFreeverb (i.e. dry set to 0 and wet set to 1) is shown in Figure 9. 
This simple, essentially mono in, B-format out reverb worked well, but there were a few attributes which could 
be improved. 
1. The reverb wasn’t spatially aware, in that the panned position of the input made no difference on the 
output of the reverb. 
2. There was no control of the spatial distribution of the reverberation, it was always equally 
everywhere. 
In order to augment the algorithm, the reverberation was redesigned to apply the decorrelated channels to A-
format, rather than B-format (as demonstrated in [11]).  This meant essentially decoding the B-format to 4 
channels that represented a response from a particular direction, containing a linear combination of the 
spherical harmonics (mirroring the tetrahedral arrangement of the capsules in the SoundField Microphone 
[10]) as shown in (7). 
[
𝑭𝒓𝒐𝒏𝒕𝑳𝒆𝒇𝒕𝑼𝒑
𝑭𝒓𝒐𝒏𝒕𝑹𝒊𝒈𝒉𝒕𝑫𝒐𝒘𝒏
𝑩𝒂𝒄𝒌𝑳𝒆𝒇𝒕𝑫𝒐𝒘𝒏
𝑩𝒂𝒄𝒌𝑹𝒊𝒈𝒉𝒕𝑼𝒑
] = 𝟎. 𝟓 × [
𝟏 𝟏 𝟏 𝟏
𝟏 𝟏 −𝟏 −𝟏
𝟏 −𝟏 𝟏 −𝟏
𝟏 −𝟏 −𝟏 𝟏
] [
𝑾
𝑿
𝒀
𝒁
]  (7) 
Transforming the B-format to A-format in this way allows the reverb channels to be applied directly to each 
one meaning the resulting reverberation will change depending on the direction of the original source.  
However, the side-effect of this arrangement is that the reverb will become more focussed in the direction of 
the source.  To counter this, a scatter matrix as shown in [11] can be incorporated in the algorithm.  The 
scattering matrix used in [11] is shown in (8). 
𝟎. 𝟓 × [
𝟏 −𝟏 −𝟏 −𝟏
−𝟏 𝟏 −𝟏 −𝟏
−𝟏 −𝟏 𝟏 −𝟏
−𝟏 −𝟏 −𝟏 𝟏
]  (8) 
This was adapted to include a variable (sc) in the range of 0 to 1 to allow for the amount of scattering to be 
controlled (9). 
𝟎. 𝟓 × [
𝟐 − 𝒔𝒄 −𝒔𝒄 −𝒔𝒄 −𝒔𝒄
−𝒔𝒄 𝟐 − 𝒔𝒄 −𝒔𝒄 −𝒔𝒄
−𝒔𝒄 −𝒔𝒄 𝟐 − 𝒔𝒄 −𝒔𝒄
−𝒔𝒄 −𝒔𝒄 −𝒔𝒄 𝟐 − 𝒔𝒄
]  (9) 
The scatter matrix was placed after each iteration of the all-pass approximation filter across all four channels 
of the reverb engine which allowed for a transition between reverb concentrated in the direction of the sound 
source, to a more even, less directionally biased reverb.  
Controls were also added for the spatial warping of the reverb in order to allow for the illusion of a listener 
positioned to the side of a room, or near an obstacle, for example.  A number of transforms, to be carried out 
in B-format, have been proposed by various authors, with some good examples shown in [12].  However, 
although it is possible to apply a transform in a direction, it can be problematic when applying the transform 
more arbitrarily.  For example, applying a shift in the X direction or the Y direction is straight forward, but 
applying both of these transforms equally, doesn’t apply the resultant shift.  In order to carry this out, a B-
format rotation to the direction required needs implementing, followed by a shift in, for example, the X axis, 
followed by a reverse rotation to put the sound field back in the correct orientation.  For this plug-in, a simple 
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balance control was tested to allow for shifting in the Left-Right (Y), Front-Back (X) and Up-Down (Z) axis.  A-
format can be a more intuitive domain to affect the sound field.  For example, taking the horizontal only case, 
if the front left quadrant was to be attenuated, the B-format could be transformed into directional A-format, 
the channel in the front left quadrant could be attenuated, and then the signal transformed back into B-format 
again, as shown in Figure 12. 
 
FIGURE 12 - B -> A -> B FORMAT, WITH AND WITHOUT FRONT-LEFT GAIN ATTENUATION 
The B-format signal is transformed to A-format, but using 8 channels, with the signals pointing at the corners 
of a cube.  This is implemented by multiplying the B-format signal by the matrix shown in (10).  This, over-
specified, A-Format is necessary in order to allow for changes in each axis independently and in a straight 
forward manner.  
𝑭𝑳𝑼
𝑭𝑹𝑼
𝑩𝑳𝑼
𝑩𝑹𝑼
𝑭𝑳𝑫
𝑭𝑹𝑫
𝑩𝑳𝑫
𝑩𝑹𝑫
   
[
 
 
 
 
 
 
 
𝟏 𝟏 𝟏 𝟏
𝟏 𝟏 −𝟏 𝟏
𝟏 −𝟏 𝟏 𝟏
𝟏 −𝟏 −𝟏 𝟏
𝟏 𝟏 𝟏 −𝟏
𝟏 𝟏 −𝟏 −𝟏
𝟏 −𝟏 𝟏 −𝟏
𝟏 −𝟏 −𝟏 −𝟏]
 
 
 
 
 
 
 
× 𝟎. 𝟓   (10) 
where F = Front, B = Back, L = Left, R = Right, U = Up, D = Down  
Each of the signals now comprises of an equal front/back, or left/right, or up/down component.  If these 
signals are then multiplied by a gain coefficient of how much up/down, left/right or up/down signal is wanted, 
this will shift the sound field in this direction.  For example, the Front Left Up signal is multiplied by the desired 
front gain, left gain and up gain.  Similarly, the Back Right Down signal is multiplied by the desired back gain, 
right gain and down gain with these gains derived using balance controls in the plug-in. 
The final block diagram of AmbiFreeverb2 is shown in Figure 11. 
FIGURE 11 - BLOCK DIAGRAM OF AMBIFREEVERB 2 
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Analysis 
The variables available in AmbiFreeverb 2 are shown in Figure 13 . 
 
FIGURE 13 - AMBIFREEVERB 2 PARAMETERS AS SHOWN IN REAPER 
In order to quantify and analyse the performance of the reverb, impulse response data will be obtained from 
the reverb under various parameter settings.  The incoming impulse used to drive the plug-in can be set to 
represent an impulse from a direction as specified by the B-Format encoding equations (11).  The reverb is 
then decoded to a 2D square virtual speaker array for analysis. 
𝑊[𝑛] =
1
√2
𝛿[𝑛]  
𝑋[𝑛] = r. cos(𝜃) cos(𝜙) 𝛿[𝑛]  
𝒀[𝒏] = 𝐫. 𝐬𝐢𝐧(𝜽) 𝐜𝐨𝐬(𝝓) 𝜹[𝒏]  (11) 
𝑍[𝑛] = r. sin(𝜙) 𝛿[𝑛]  
Where r is how directional the impulse is (0->1), 𝜃 is the azimuth and 𝜙 is the elevation angle. 
All testing is carried out with the wet gain at 0dB and the dry gain at -∞ dB.   
Room Size  
Altering the room size parameter affects the feedback coefficient in the low pass comb filters, and a value of 0 
-> 1 linearly maps to a feedback coefficient of 0.7 -> 0.98.  This, rather than increasing the room size, per se, 
actually alters the absorption coefficient of the walls, but the resulting rise of the RT60 makes the simulated 
room sound larger.  The graphs in Figure 14 show the RT60 for each of the four outputs of a square decode 
with a room size parameter setting of 1, followed by bar charts representing the RT60 as the parameter is 
changed.  Note that the each channel’s delay lines length offsets can be observed with slightly shorter, or 
longer, RT60 times accordingly in these graphs.  The damping parameter was set at 0.5 and the incoming 
impulse was omnidirectional (W only). 
Damping Parameter  
The damping parameter alters the low frequency cut-off of the low pass filter in the eight comb filters per 
channel.  A value of 0 to 1 linearly maps to a value of 0 to 0.4 with each feedback loop of the comb filter being 
more low pass filtered than the last one, causing the low frequency damping to increase with time (as shown 
in Figure 16).  Figure 15 shows the RT60 of a square decode, with room size at 0.5, with the damping changing 
from 0 to 1 in steps of one third.  A low damping value gives the reverb a noise like quality that sounds 
unrealistic. 
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FIGURE 14 - RT60 TIMES FOR AMBIFREEVERB AT VARIOUS SETTINGS OF ROOM SIZE (2ND BAR GRAPH IS A RESCALED 
VERSION OF THE 1ST FOR CLARITY – MISSING OFF THE ROOM SIZE 1.0 AND 0.9 SETTINGS). 
  
 
FIGURE 15 - RT60 OF A SQUARE DECODE ALTERING THE DAMPING COEFFICIENT FROM 0 TO 1 
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FIGURE 16 - SPECTROGRAM OF ONE CHANNEL OF REVERB SHOWING HOW THE LOW PASS FILTERING INCREASES WITH TIME. 
 Scattering Coefficient 
The scattering coefficient, at a value of 0, results in the reverberation to be concentrated in the direction of 
the incoming source or, at a value of 1, to being maximally scattering between the channels by reflecting the 
reverb about each axis after each pass of the all-pass filters.   Looking at the sound power in each channel, 
compared to the maximum, inputting an impulse from an angle of 45 degrees (front left) and adjusting the 
scatter coefficient from 0 to 1, we can see in Figure 17 that the quadrant opposite the source will rise quickest.  
Interestingly, at a coefficient value of 0.5, the resultant W signal will be 0 to then rise back to a level 
comparable to the X, Y and Z components when the scatter coefficient is 1 (originally, the plug-in was 
configured to use either 0 or 1). 
The effect of the scattering coefficient can also be seen if the impulse is panned from 0 to 360 degrees using a 
scattering coefficient of 0 and 1.  At a setting of 0 (no scattering), the channels show up to around 6dB of 
difference towards the location of the impulse and with a scatter coefficient of 1, this difference is reduced to 
around 1dB.  If no difference at all is wanted, then AmbiFreeverb 2 can be set to work in the same mode as the 
original AmbiFreeverb (the ‘mode’ parameter) which derives each channels reverb only from the W, omni-
directional, feed. 
 
 
FIGURE 17 - THE EFFECT OF THE SCATTERING MATRIX COEFFICIENT ON A SQUARE DECODERS' OUTPUTS AND THE B-FORMAT 
CHANNELS 
Sound Field Balance Controls 
The sound field balance controls allow the level of the reverberation to be adjusted in each of the three axis.  
For example, feeding an omni-directional impulse (so all channel outputs are the same sound power) and 
altering the Left/Right balance the outputs of the square decode and the B-Format channels can be observed. 
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Figure 19 shows the separation possible with this control at around 10 dB between the two left feeds and the 
two right feeds.  The relative channel levels when altering both the Left/Right and Front/Back balance 
(between 0 and 1) simultaneously are shown in Figure 20 (i.e. changing the balance from back right to front 
left).   
The controls included in the reverb allow for a variety of effects to be achieved.  For example, if the balance 
was pushed to the left and the scattering was left at 0 it’s possible to simulate a space with a live end and a 
dead end as the reverb is doubly attenuated (by the lack of scattering and the balance control) on the right 
side of the field and, as the reverb is positionally aware, this will occur depending on where the source is 
panned.  Similarly, if the scatter coefficient is turned to 1, the reverb will sound more equally wherever the 
source is in the sound field, but will still be louder towards the left side (in this example), which could be a 
simple simulation of being in an offset position in a room.   
Informal feedback on the sound of both AmbiFreeverb plug-ins has been extremely positive and the use of it, 
more recently, has expanded due to YouTube’s newly released Spatial Audio feature which uses Ambisonics 
for the audio, decoded to binaural on Android phones taking into account the orientation of the phone/head 
in real time (for example, it features heavily in [13] and also in [14]).  For more details on YouTube’s 
Ambisonics to Binaural implementation, see [15]. 
 
FIGURE 18 - SCATTERING COEFFICIENTS OF 0 AND 1 WHEN AN IMPULSE IS PANNED FROM 0 TO 360 DEGREES 
 
FIGURE 19 - B FORMAT AND SQUARE DECODER CHANNEL OUTPUTS WHEN LATER THE LEFT/RIGHT BALANCE 
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FIGURE 20 - SQUARE DECODER CHANNEL OUTPUTS ALTERING BALANCE FROM BACK RIGHT TO FRONT LEFT 
Conclusions/Further Work 
A B-format, Ambisonic, reverb algorithm, based on Freeverb, has been described and its features analysed 
demonstrating some of the benefits of working in Ambisonic domain.  AmbiFreeverb 1 was originally 
developed as no other B-format, 3D reverb VST plug-ins were available at the time (2008), and this paper 
describes some of the improvements to this earlier work in the scattering matrix, spatial balance controls, and 
processing in A-format allowing for more a more flexible reverb that changes depending on the position of the 
sound source.  In terms of further work, there are a number of features that will be developed and 
investigated further.   Addition of a pre-delay and also a room size parameter that affects the delay times (as 
opposed to the reflection coefficient), and the moving of the reverberation to a higher order model (more 
channels) will be carried out (particularly as YouTube and other VR formats move to support Higher Order 
Ambisonics).   An early reflection model based on the image source method and further investigation into 
other scatter matrices will also be carried out. 
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